The effects of age, sex, and vocal tract configuration on the glottal excitation signal in speech are only partially understood, yet understanding these effects is important for both recognition and synthesis of speech as well as for medical purposes. In this paper, three acoustic measures related to the voice source are analyzed for five vowels from 3145 CVC utterances spoken by 335 talkers ͑8 -39 years old͒ from the CID database ͓Miller et al
I. INTRODUCTION
For almost half a century, research has been conducted on the nature of the glottal voice source signal, and glottal source parameters have been estimated using various procedures and algorithms. In the past, the study of the voice source signal has mainly centered on voice synthesis and speech coding applications. However, recent studies ͑Fant et al., 2000; Sluijter and Van Heuven, 1996; Sluijter et al., 1997͒ have shown that a relationship exists between the characteristics and/or parameters of the glottal voice source signal, and voice quality. A better knowledge of the relationship of acoustic measures that characterize the voice source with speaker properties such as sex and age, and with context or sound type such as vowel, would benefit the understanding of the human voice production mechanism and help improve voice analysis for a variety of speech processing and medical applications.
The human voice production mechanism can be roughly divided into three parts: lungs, vocal folds, and vocal tract. Air pressure from the lungs causes air to flow through the glottis, which is the airspace between the vocal folds. In voiced speech the vocal folds open and close quasiperiodically and thus convert the glottal air flow ͑air volume velocity͒ into a train of flow pulses, called the voice source excitation signal. This signal then passes through the vocal tract, which functions as an acoustic filter that shapes the spectrum of the sound, and at the end of the vocal tract the volume velocity signal is modified by the lip impedance. The speech pressure waveform measured in front of the lips can be approximated by the time derivative of the volume velocity signal ͑Rabiner and Schafer, 1978͒. This radiation effect is typically included in the source function, i.e., the source signal is modeled as the derivative of the glottal flow volume velocity. Sounds produced with nonvibrating vocal folds, such as in the fricative /f/, are called unvoiced sounds and are not studied in this paper.
Here, we use the linear source-filter model of speech production ͑Fant, 1960͒, in which the derivative of the glottal flow volume velocity acts as the source, sometimes also referred to as the excitation, and the vocal tract acts as the linear filter. The fact that source and filter are assumed to be independent of each other is one reason that this is the simplest and commonly used model for speech production. Early models of the source signal used a simple impulse train for modeling voiced signals. More recent studies model the shape of the glottal airflow or its derivative in the timedomain ͑Ananthapadmanabha, 1984; Fant et al., 1985; Hedelin, 1984; Holmes, 1973; Klatt and Klatt, 1990; Rosenberg, 1971͒ . Frequency-domain representations for some of those models were presented in Fant ͑1995͒ and Doval and d'Alessandro ͑1999͒. In this paper, the Liljencrants-Fant ͑LF͒ model by Fant et al. ͑1985͒ is used to generate synthetic stimuli. It models the glottal volume velocity derivative, hence incorporating the effect of lip radiation, and is illustrated in Fig. 1 . Vocal tract models, on the other hand, evolved from electric circuit models ͑Miller, 1959͒ and acoustic tube models ͑Fant, 1960͒ to all-pole autoregressive representations ͑Markel and Gray, 1976͒. For vowels, the vocal tract is typically modeled as an all-pole filter, where each complex-conjugate pole-pair represents a resonance frequency ͑formant͒ and its bandwidth.
To recover glottal source parameters from the acoustic speech signal, vocal tract resonances need to be removed by an "inverse filtering" process. The linear source-filter model assumes that the vocal tract is a linear filter and that it is independent and linearly separable from the source, all of which facilitates inverse filtering. Inverse filtering was first presented by Miller ͑1959͒, who applied analog electronic filters to cancel the two lowest formants and the lip radiation effect from the speech pressure waveform captured by a microphone. Rothenberg ͑1973͒ introduced a different inverse filtering technique that measures the airflow at the mouth and nose with a special mask. This method allows the estimation of absolute flow values, including the dc component, as opposed to the inverse filtering of the pressure signal captured by a microphone, which loses the absolute zero level of flow due to the lip radiation effect. The flow measurement mask is also less sensitive to low-frequency noise and the mask's frequencies are band limited at approximately 1.6 kHz ͑Her-tegård and Gauffin, 1992͒. For all recording equipment, be it mask or microphone, it is important that its frequency magnitude response is flat and its phase response is linear from very low frequencies up to high frequencies. Compared to analog filtering, digital sampling, storage, and filtering techniques provide obvious advantages over analog techniques, since they are flexible, repeatable, easy to implement, and cause no phase distortion. Because of these advantages, today, digital inverse filtering methods are almost always used.
To find vocal tract filter parameters, typically a linear predictive coding based analysis is applied ͑Hertegård and Gauffin, 1992͒. However, more accurate results can usually be achieved with the method of discrete all-pole modeling ͑DAP͒ introduced by El-Jaroudi and Makhoul ͑1991͒. DAP uses a cost function which is based on the Itakuro-Saito distance evaluated at the discrete frequencies of the signal power spectrum. A recent publication which uses the DAP method in combination with a code book of source functions, generated with the LF model, and an iterative optimization algorithm is described in Fröhlich et al. ͑2001͒ . These approaches to obtaining the glottal flow waveform are computationally expensive, and often need manual correction and tuning. Instead of trying to estimate the time domain parameters of the source models, researchers can study acoustic measures which are correlated with these parameters. This typically involves analyzing the harmonic frequencies in the speech spectrum, such as the magnitudes of the first two spectral harmonics of the source spectrum, located at the fundamental frequency F 0 and at 2F 0 , and the spectral magnitude of various formant peaks. This is less computationally intensive and less prone to error than finding the glottal flow waveform, and is therefore suited for analyzing the extensive amount of data needed for a reliable statistical evaluation. Spectral harmonics, however, are affected by both the source characteristics and by vocal tract resonances ͑formants͒. Hence, if one needs only to characterize the source signal properties, then the influence of vocal tract resonances, or formant frequencies, need to be compensated for ͑Fant, 1982 ͑Fant, , 1995 Hanson, 1995; Mártony, 1965͒ . The correction in this paper is done using both formant frequencies and their bandwidths ͑Iseli and Alwan, 2004͒. The formula can be applied to voices produced with high fundamental frequency and/or low first formant frequency. Holmberg et al. ͑1995͒ showed that the difference between the corrected ͑denoted by as asterisk hereafter͒ magnitudes of the first two harmonics ͑H 1 * − H 2 * ͒ is correlated with the open quotient ͑OQ͒. On the other hand, Henrich et al. ͑2001͒ showed that H 1 * − H 2 * is dependent on both OQ and glottal flow asymmetry. Hanson ͑1997͒ found that H 1 * − A 3 * , where A 3 * is the corrected spectrum level at the frequency of the third formant, is correlated with the source spectral tilt. The correction accounted for the first two formants ͑F 1 and F 2 ͒ and the bandwidth of the third formant ͑F 3 ͒, and tokens were normalized with respect to a neutral vowel. In addition, Hanson and Chuang ͑1999͒ showed that the acoustic characteristics of the glottal excitation signal are gender dependent. Their study compared the effects of gender on voice source parameters for about 21 adult male and adult female talkers for the three vowels /eh/, /ae/, and /ah/. It analyzed three acoustic cues-open quotient ͑as shown by the magnitude difference between the first two spectral harmonics͒, first formant bandwidth, and source spectral tilt ͑as shown by the difference between the magnitude of the first spectral harmonic and the corrected spectrum level at F 3 ͒-and showed that open quotient and source spectral tilt are generally higher for adult female than for adult male talkers. Speech acoustics are also affected by age, which was shown in a study by Lee et al. ͑1999͒ . It analyzed fundamental frequency ͑F 0 ͒ and formant frequencies for a large speech database ͑Miller et al., 1996͒ with about 490 subjects in the age range of 5 -50 years. The study showed that children have higher F 0 and formant frequencies, and greater temporal and spectral variability than adults. These findings are attributed to vocal-tract anatomical differences and possible differences in the ability to control speech articulators. This paper has two specific aims. The first is to introduce and evaluate, through error analysis, a spectral magnitude correction formula, which uses both bandwidth and frequency estimates of the resonant frequencies of the vocal tract. This formula can be used to reliably estimate acoustic measures related to the voice source signal, such as the difference between the magnitude of the first two source spectral harmonics. The second aim is to use the correction formula to uncover age, sex, and vowel dependencies for the source parameter F 0 ͑fundamental frequency͒ and two acous- 
II. CORRECTION FORMULA AND ERROR ANALYSIS
In the following, a spectral magnitude correction formula, which uses both bandwidth and formant frequencies, is presented and evaluated. The formula can be used to reliably estimate acoustic measures related to the voice source signal such as the difference between the magnitude of the first two spectral harmonics.
A. A correction formula to compensate for the effects of formant frequencies in the speech spectrum
The spectral magnitude of the speech signal is the result of interactions from both the voice source and the vocal tract. The spectral magnitude formant correction formula ͑Iseli and Alwan, 2004͒, which requires no explicit inverse-filtering techniques, assumes the linear source-filter model of speech production ͑Fant, 1960͒ and is derived in the Appendix. The purpose of this correction formula is to "undo" the effects of the formants on the magnitudes of the source spectrum. This is done by subtracting the amount by which the formants boost the spectral magnitudes. Theoretically, if the formant frequencies and their respective bandwidths were known exactly and the linear source-filter model is applicable, then the corrected spectral magnitudes should represent the actual magnitudes of the source spectrum. For example, the corrected magnitude of the first spectral harmonic located at frequency 0 , where 0 =2F 0 and F 0 is the fundamental frequency, is given by
with r i = e −B i /F s and i =2F i / F s where F i and B i are the frequencies and bandwidths of the ith formant, F s is the sampling frequency, and N is the number of formants to be corrected for. H͑ 0 ͒ is the magnitude of the first harmonic from the speech spectrum and H * ͑ 0 ͒ represents the corrected magnitude and should coincide with the magnitude of the source spectrum at 0 . Note that all magnitudes are in decibels. A less general form of this equation ͑N =2͒ is used in Sec. III, where only the first two formants are corrected for.
B. Error analysis of the correction method
To evaluate the accuracy of the correction formula ͑with and without bandwidth information͒ in estimating harmonic spectral magnitudes, error analysis is performed. In Secs. II B 1 and II B 2 error analysis is done using synthetic single-, and three-formant vowels, respectively. Specifically, error analysis is evaluated for the H 1 − H 2 parameter. For the synthetic stimuli, the LF voice source signal is filtered with an all-pole model of the vocal tract. The LF shape is defined by T p = 0.48, T e = 0.6, and T a = 0.05, with T c = T o =1.
Analysis errors are calculated without using correction ͑NoC͒; with correction for the influence of only the first formant, F 1 , without using bandwidth information, that is, by setting B 1 in Eq. ͑1͒ to zero, ͑F1noB1͒; and correction for the influence of F 1 using exact bandwidth information ͑F1B1͒. It is important to note that when = i for the F1noB1 case ͑B i =0͒, the correction yields an infinite value ͓see Eq. ͑A5͔͒.
Error analysis for single-formant synthetic signals
Formant correction is applied to single-formant synthetic signals with F 0 varying between 100 and 300 Hz, and F 1 between 200 and 800 Hz with constant bandwidth ͑B 1 ͒ of 75 Hz. Since the signals are synthetic, the actual values for H 1 and H 2 are known and the correction error between the actual and estimated harmonics' magnitudes can be calculated.
Figure 2 compares the H 1 − H 2 error at F 0 = 250 Hz for the cases NoC, F1noB1, and F1B1. Maximum errors for NoC and F1noB1 occur at F 1 = F 0 and F 1 =2F 0 , where the absolute NoC error is about 24 dB and the F1noB1 error is infinite. The error for F1B1 is zero, which is expected.
Error analysis for three-formant synthetic vowels
The vowels /a/, /i/, and /u/, are synthesized using the first three formant frequencies specified in Peterson and Barney ͑1952͒. Formant bandwidths are calculated according to the formula in Mannell ͑1998͒:
͑2͒
These values are shown in Table I .
F 0 is chosen from the ranges provided by Baken ͑1987͒: For male talkers, F 0 ranges between 85 and 154 Hz, for female talkers F 0 is between 164 and 256 Hz, and for children F 0 is between 208 and 256 Hz. The sampling frequency ͑F s ͒ is at 10 kHz.
For each sex, vowel, and correction method, the minimum, average, and maximum absolute estimation errors for ͉H 1 − H 2 ͉ are calculated over the appropriate range of F 0 . The results are shown in Table II . F1noB1 introduces the highest errors especially when F 1 is close to F 0 or 2F 0 . For the vowel /a/, on the other hand, F1noB1 performs similarly to F1B1 because /a/ has a very high F 1 , which is greater than 2F 0 , and hence, the influence of F 1 on the first two harmonics is small. The errors for F1B1 are lower but are not zero since F1B1 does not correct for F 2 and F 3 . The highest F1B1 errors are measured for /u/, which has the lowest F 2 of the three vowels.
Figures 3 and 4 show the absolute ͉H 1 − H 2 ͉ error as a function of F 0 for the methods NoC, F1noB1, and F1B1 for synthetic /a/ and /u/ vowels, respectively. Figure 3 shows the error for the synthetic female /a/ ͑F 1 = 850 Hz͒ where correction without using bandwidth information ͑F1noB1͒ works well. As mentioned earlier, this is due to F 1 being much higher than F 0 or 2F 0 , hence, the first formant does not have a significant effect on the magnitudes of the first two harmonics. However, for the female /u/ ͑Fig. 4͒, bandwidth information becomes important in the correction since F 1 =2F 0 = 370 Hz when F 0 = 185 Hz. Hence, F1B1 yields significantly better results than F1noB1.
Since it is difficult to estimate bandwidths accurately ͑Hanson and Chuang, 1999͒, we also compare these results with another case, F1B50, which applies the correction formula using a constant bandwidth, B 1 = 50 Hz. The average FIG. 2 . H 1 − H 2 error in decibels with F 0 = 250 Hz and B 1 = 75 Hz for synthetic one-formant signals. The three curves represent: NoC, no correction ͑solid line͒; F1noB1, correction for F 1 not using bandwidth information ͑dotted line͒; and F1B1, correction for F 1 using exact bandwidth information ͑dash-dotted line͒. The maximum NoC error is about 24 dB. The absolute error for the F1noB1 correction at F 1 = F 0 and F 1 =2F 0 is infinite, and the F1B1 error is zero. absolute errors for the four cases NoC, F1noB1, F1B1, and F1B50, are shown in Fig. 5 . It can be seen that the largest error occurs for the high back vowel /u/, since there is no correction for the low F 2 . Using exact bandwidth information ͑F1B1͒ or using a fixed B 1 of 50 Hz improves significantly over F1noB1 for /i/ and /u/, which have low F 1 . Interestingly, using a bandwidth estimate of 50 Hz ͑F1B50͒ yields similar results to using exact bandwidth information. These results imply that for reducing errors, it is better to use some bandwidth information, even if it is only an educated guess of the true bandwidth.
III. ESTIMATION OF ACOUSTIC MEASURES FOR NATURALLY PRODUCED SOUNDS
In the following we apply the correction formula to estimate age, sex, and vowel dependencies of three acoustic measures, F 0 , H 1 * − H 2 * , H 1 * − A 3 * , on a relatively large speech database.
A. Speech data
Speech signals recorded from 335 people ͑185 males, 150 females͒ in ten age groups, ages 8, 9, 10, 11, 12, 13, 14, 15, 18, and 20-39 , from the CID database ͑Miller et al., 1996͒ were analyzed. The carrier sentence was "I say uh, bVt again," where the vowel was /ih/ ͑bit͒, /eh/ ͑bet͒, /ae/ ͑bat͒, and /uw/ ͑boot͒. "uh" was used before the target word to maximize vocal tract neutrality. The corner vowel /iy/ in "bead" was also analyzed. Most utterances were repeated twice by each speaker. Recordings were made at normal habitual speaking levels with a sampling frequency of 16 kHz. In total, 3145 utterances were analyzed. The age and sex distribution of the analyzed talkers is shown in Table III .
B. Methods
The voice source parameter F 0 and the acoustic cues H 1 * − H 2 * , and H 1 * − A 3 * were estimated. As mentioned earlier, these measures are of significant importance in the areas of voice perception and voice synthesis ͑Fant and Kruckenberg, 1996; Holmberg et al., 1995͒ 
The calculation of the three acoustic measures requires the estimation of the first three formant frequencies ͑F 1 , F 2 , F 3 ͒, their respective bandwidths ͑B 1 , B 2 , B 3 ͒, and F 0 . Formant frequencies F 1 , F 2 , and F 3 , as well as F 0 were estimated using the "SNACK SOUND TOOLKIT" software ͑Sjö-lander, 2004͒. The main parameters that can be changed in SNACK are frame length, frame shift, and analysis methods. For formant estimation, the covariance method was chosen because of its accuracy. F 0 can be extracted with either the ESPS ͑Entropic Signal Processing System͒, or the AMDF ͑Average Magnitude Difference Function ͑Ross et al., 1974͒͒ method. Both methods are based on conventional autocorrelation analysis. Since no significant estimation differences between the two methods were found, the ESPS method was used. Additional settings were: The preemphasis coefficient was 0.9, the length of the analysis window was 25 ms, and the window shift was 10 ms. Using the values extracted with SNACK, the amplitudes H 1 , H 2 , and A 3 were estimated from the speech spectrum. Since the SNACK bandwidth estimates varied greatly within the analysis segments and were sometimes unrealistic, all bandwidths were calculated from their corresponding formant frequency using Eq. ͑2͒. This reduced the bandwidth variance and therefore the variance of bandwidth-dependent results. Analysis segments were chosen at the steady-state part of the vowel, where the context influence was smaller than in other segments.
The estimates of F 0 , F 1 , F 2 , and F 3 were manually checked for every utterance by viewing the spectrogram, time waveform, and LPC spectral slices. Most formant estimation errors occurred with child speech. For example, for high pitched /iy/, SNACK typically allocated two formants to the first spectral peak resulting in a much lower second formant frequency. The number of formant estimate corrections in percent, for 8 year old children, was: 86% for /iy/, 44% for /eh/, 32% for /ih/, and 2% for /uw/. The formant values are not listed here as the results are similar to those reported in Lee et al. ͑1999͒ .
C. Results
In this section, we refer to males and females from ages 8 to 14, and females 15 years and older as "Group 1," and to male talkers age 15 and older as "Group 2." Group 1 talkers were typically high-pitched ͑with F 0 Ͼ 175 Hz͒ and Group 2 talkers were generally low-pitched ͑with F 0 ഛ 175 Hz͒, although there were F 0 outliers within both groups as can be seen in the minimum/maximum F 0 values in Table VIII. The   source 
Analysis of variance of the three acoustic measures
Statistical analysis was performed on the extracted acoustic measures by using the three-way analysis of variance ͑ANOVA͒ test in the software package SPSS ͑v13.0͒. The factors age ͑ages 8, 9, 10, 11, 12, 13, 14, 15, 18 , and 20-39͒, sex ͑M, F͒ and vowel-type ͑/iy/, /ih/, /eh/, /ae/, and /uw/͒ were tested against the variables F 0 , H 1 * − H 2 * and H 1 * − A 3 * . These factors were tested with: ͑a͒ all the talkers, ͑b͒ the talkers separated by sex, and ͑c͒ the talkers separated into Group 1 and Group 2. Tests where the null hypothesis had a probability of p Ͻ 0.05 were considered to be statistically significant. In addition, Pearson correlation coefficients were calculated to test for statistically significant intercorrelations between the three acoustic measures. Table IV shows results for all the talkers for the F value ͑ratio of the model mean square to the error mean square͒ and partial 2 ͑calculated as SS effect / ͑SS effect +SS error ͒, where SS effect is the sum of squares of the effect and SS error is the sum of squares of the error͒. Partial 2 is a measure of effect size. For all three measures the effect size is greatest with age. For H 1 * − H 2 * and H 1 * − A 3 * , the effect size of age is followed by vowel and sex, while for F 0 , vowel type shows the smallest effect size. Table V shows the ANOVA results when the talkers were separated by sex. It can be seen that across all three acoustic measures, the effect size of age is greater for males than for females. This was expected since speech acoustics, for example F 0 ͑Lee et al., 1999͒, vary more significantly with age for male talkers. However, for vowel type, the effect size is greater for females than for males. This may suggest a greater vocal tract-source interaction for female talkers.
The results are also interesting when viewed in terms of the Group 1 ͑children and females, generally high-pitched͒ and Group 2 ͑older males, generally low-pitched͒ talkers. 
F 0
Table VIII shows the range of F 0 values for all talkers. Note that F 0 was not normalized for stress. For males the mean F 0 drops by about 130 Hz between ages 8 and 20 with the largest drop between ages 12 and 15 ͑105 Hz͒, while the change is less dramatic for female talkers ͑overall about 50 Hz͒. These changes are reflected in Table V which shows that age has a greater effect size on F 0 for males ͑F / partial 2 = 310.3/ 0.618͒ than for females ͑F / partial 2 = 26.4/ 0.145͒. As expected, adult females exhibit higher F 0 values than adult male talkers: The difference in the means is about 110 Hz. These trends agree with the results in Lee et al. ͑1999͒ . We noticed that a few very high F 0 values ͑above 300 Hz͒ were due to high stress on the target word. In those cases, F 0 was around 300 Hz for the rest of the sentence, but increased for the target word.
Average F 0 values are highest for /uw/, and higher for /iy/ than for /eh/ and /ae/. The trend of increasing F 0 as the tongue moves from a front to a back position and from open to closed vowels has been reported for German talkers by Marasek ͑1996͒. This trend can be seen for all ages and genders for the vowels in this study and may partly be explained by vowel-dependent intrinsic pitch ͑Lehiste and Peterson, 1961͒. ANOVA results in Table V indicate that although these trends are statistically significant for both males and females, the partial 2 values, and hence the effect sizes of vowel type, are relatively small for both sexes:
F / partial 2 = 19.2/ 0.052 for females and 4.8/ 0.011 for males. Interestingly, the vowel effect size on F 0 is five times higher for females. A further analysis into the vowel dependency was done by performing an ANOVA test on the effects of high and low formant frequencies ͑thresholds at the formant means͒ on F 0 . It was found that F 0 was positively correlated only with F 3 for all talkers and this correlation was statistically significant ͑F / partial 2 = 133.1/ 0.041͒; again the effect size was relatively small. This positive correlation can be explained by the fact that F 3 is typically correlated with vocal tract length ͑Wakita, 1977͒. Hence, a higher F 3 , which typically results from a shorter vocal tract, coincides with a higher F 0 . Fig. 7 trends. Hanson ͑1997͒ showed that, for adult female voices, the mean value of H 1 * − H 2 * was slightly lower for /eh/ than /ae/ which agrees with our results.
H
The lack of significant trends of H 1 * − H 2 * values with F 1 for Group 2 talkers may be due to the physiology associated with voice production in different genders. This difference could be due to increased vocal tract-source interaction when F 0 or its harmonics are close to F 1 ͑Titze, 2004͒, which is often the case for low F 1 and high F 0 .
For both sexes H 1 * − H 2 * for /iy/ is about 3 dB lower than for /ih/. This could be due to the tense/lax difference. For four minority languages in China, Maddieson and Ladefoged ͑1985͒ reported that the amplitude difference between the first two harmonics was smaller for tense vowels than lax ones, which would agree with our findings.
Relationship of H 1 * − H 2 * with F 0 and H 1 * − A 3 * Figure 9 shows the relationship between H 1 * − H 2 * and F 0 for both groups. As can be seen in Table VII , the PCC between H 1 * − H 2 * and F 0 yields a value of 0.767 for Group 2 and a weak negative correlation ͑PCC= −0.471͒ for Group 1. An approximate mapping for H 1 * − H 2 * and F 0 for Group 2 is H 1 * − H 2 * Ϸ 0.22F 0 − 28 for F 0 between 80 and 175 Hz.
͑3͒
A possible interpretation for this result is that the Group 1 talkers ͑females and children, generally high-pitched͒ and the Group 2 talkers ͑older males, generally low-pitched͒ use OQ differently during the phonation of vowels. In a study by Esposito ͑2005͒ utilizing electroglottography of Zapotec talkers, females were shown to produce phonation differences by altering OQ while males did not. It has also been observed in Koreman ͑1996͒ that increased tension of the cricothyroid muscle in the larynx induces a simultaneous increase of F 0 and OQ, and therefore also of H we observed a strong positive correlation only for low F 0 values. Swerts and Veldhuis ͑2001͒ also found similar results for some of their speakers.
As seen in Table VII , the intercorrelation between H 1 * − H 2 * and H 1 * − A 3 * for both groups is weak: 0.532 ͑Group 1͒, 0.473 ͑Group 2͒. A weak correlation was also reported in Hanson ͑1997͒ for adult female talkers.
H
The age and sex effects on H 1 * − A 3 * ͑related to source spectral tilt͒ are shown in Fig. 10 . Between ages 8 and 20-39, the mean H 1 * − A 3 * value drops for male talkers by about 10 dB, whereas for female talkers it drops by about 4 dB resulting in higher values ͑by about 4 dB͒ for adult females than for adult males. The higher effect size for males ͑F / partial 2 = 32.4/ 0.144͒ compared to females ͑F / partial 2 = 8.8/ 0.058͒ in Table V confirms this result. When the talkers are split into groups ͑see Table VI͒, Group 1 shows a dependence on age ͑F / partial 2 = 17.2/ 0.054͒, whereas Group 2 does not. It is also interesting to note that the dependence on sex is not significant for Group 1. These trends are similar to those shown for H 1 * − H 2 * ͑see Sec. III C 3͒, thus they can be interpreted similarly. That is, females ͑children and adults͒ and young males ͑8 -14 years old͒ exhibit statistically similar OQ and source spectral tilt characteristics.
In Fig. 11 , H 1 * − A 3 * is depicted as a function of vowel and sex. The largest difference is observed between the vowels /ae/ and /uw/ where /ae/ is a low front vowel ͑high F 1 , high F 2 ͒ and /uw/ is a high back vowel ͑low F 1 , low F 2 ͒. Values for H 1 * − A 3 * for /ae/ and /eh/ are the highest, and for /uw/ they are the lowest. These trends are similar for both sexes and indeed it can be seen from ANOVA analysis that the effect sizes of vowel are similar when male talkers are compared with females ͑Table V͒.
To find the effects of formants on H 1 * − A 3 * , an ANOVA analysis based on high and low values of F 1 , F 2 , and F 3 ͑thresholds at the formant means͒ yielded F / partial 2 values of 210/ 0.063, 42.7/ 0.013, and 100.0/ 0.031, respectively. Thus, the first three formants have an effect on H 1 * − A 3 * for all talkers. To visualize these effects, Figs. 12-14 show H 1 * − A 3 * gradually rising for increasing F 1 , F 2 , and F 3 . Since /uw/ on average has lower F 2 and F 3 compared to the other vowels used in this study, this can explain why H 1 * − A 3 * values for /uw/ are lowest.
The dependency of H 1 * − A 3 * on F 1 is somewhat similar to the dependency of H 1 * − A 3 * on H 1 * − A 1 ͑related to F 1 ͒ which was observed in Hanson and Chuang ͑1999͒. The dependency of the measure on F 2 and F 3 was expected since a high F 2 is normally associated with a high F 3 , which in term will affect the source spectral tilt. Since A 3 * represents the magnitude of the source spectrum at F 3 , it is affected by the position of F 3 due to the source spectral tilt. A 3 * can also be influenced by the presence of higher formants, such as F 4 , for which the parameter was not corrected for, and which would boost the value of A 3 * when evaluated close to F 4 . 
IV. SUMMARY
In this paper the effects of age, sex, and vocal tract configuration on three acoustic measures related to voice source parameters: F 0 , H 1 * − H 2 * , and H 1 * − A 3 * are studied. In order to estimate the acoustic measures H 1 * − H 2 * , and H 1 * − A 3 * , the vocal tract influence on the source spectrum needs to be compensated for. A correction formula which corrects for the influence of the vocal tract resonances is presented in Sec. II A. The importance of using the correction formula to estimate the magnitudes of the first two harmonics, H 1 and H 2 , for vocal-tract influences, especially for high vowels and for high-pitched voices, is shown in Sec. II B. Synthetic speech is produced with formant frequencies from Peterson and Barney ͑1952͒ data and formant bandwidths are estimated from corresponding formant frequencies using Mannell's ͑1998͒ formula.
For synthetic speech, analysis errors are calculated without correction and with correction for the influence of only the first formant: ͑a͒ with bandwidth information, ͑b͒ without bandwidth information, and ͑c͒ with a bandwidth estimate of 50 Hz.
Error analysis results show that it is better to use an educated guess of formant bandwidth when correcting for the vocal tract influence, rather than using no bandwidth information ͓i.e., setting B i = 0 in Eq. ͑A5͔͒ as in Hanson ͑1995͒. Examples of synthetic vowels show that correction without using bandwidth information can yield larger errors than no correction at all.
The correction formula is then used to analyze acoustic measures related to source parameters for a relatively large speech database. The five vowels /iy/, /ih/, /eh/, /ae/, and /uw/ recorded from 335 people ͑185 males, 150 females͒ in ten age groups, ages 8, 9, 10, 11, 12, 13, 14, 15, 18, and 20-39 between females and children ͑ages 8-14͒, and older males ͑ages 15 and older͒ could be due to physiological differences, to phonological differences, where females alter OQ to signal acoustic differences while males do not ͑Es-posito, 2005͒, and/or to vocal tract-source interaction when F 0 or its harmonics are close to F 1 ͑Titze, 2004͒, which is often the case for low F 1 and high F 0 values. For both sexes H 1 * − H 2 * for /iy/ is about 3 dB lower than for /ih/ which could be due to a tense/lax difference.
H 1 * − A 3 * ͑hence source spectral tilt͒ values drop by about 10 dB between ages 8 and 20-39 for males, whereas for females the values drop by only about 4 dB within the same age period. This results in generally lower values for adult males ͑by about 4 dB͒ compared to adult females. Until age 10, the values are similar for both sexes. Statistical analysis shows a high dependence of the measure on age and vowel for all talkers. Also, H 1 * − A 3 * shows a strong dependence on all formant frequencies for all talkers and age groups: Increasing F 1 , F 2 , or F 3 yields an increase in H 1 * − A 3 * . These findings imply that source spectral tilt is vowel dependent and, in fact, it can be seen that tilt values are highest for /ae/ and /eh/ and lowest for /uw/. The dependence of H 1 * − A 3 * on F 3 can be explained by the dependence of A 3 * on F 3 : Increasing F 3 will yield decreasing A 3 * . Key dependencies are summarized in Table IX . Results show that all three acoustic measures are dependent to varying degrees on age and vowel. Age dependencies are more prominent for males than for females while vowel dependencies are more prominent for female talkers suggesting a greater vocal tract-source interaction. For H 1 * − H 2 * vowel dependencies are only significant for Group 1 ͑generally highpitched͒ talkers. F 0 shows a dependency on sex and on F 3 , H 1 * − H 2 * on F 1 ͑Group 1 talkers only͒, and H 1 * − A 3 * on all three formants. For Group 2 ͑generally low-pitched͒ talkers F 0 is positively correlated with H 1 * − H 2 * . The methods and results presented in this paper may contribute to a better understanding of speech production and may be useful for applications such as speech synthesis, speech recognition, and speaker identification.
Future work will study the effects of context, prosody, stress, and accentedness on acoustic measures related to source parameters.
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APPENDIX: DERIVATION OF THE CORRECTION FORMULA
The derivation of the spectral magnitude formant correction formula presented in this appendix is based on the linear source-filter model of speech production ͑Fant, 1960͒. Assuming a vocal tract all-pole model, the normalized transfer function T͑s͒ with N formants can be written as
The numerator is chosen such that T͑s =0͒ =1. s i = i + j⍀ i , i =−B i , ⍀ i =2F i , where B i and F i are the ith formant bandwidth and frequency, respectively.
Assuming that the axis s = j⍀ lies in the region of convergence ͑ROC͒, the Fourier transform of the magnitude of Eq. ͑A1͒ becomes
Using the definitions of i and ⍀ i produces Finally, the total contribution of N formants to the vocal tract power spectrum at frequency f is
͑A2͒
Note: For B i Ӷ F i the terms ͑B i /2͒ 2 can be neglected ͑Fant, 1995͒. In this paper, however, we will account for these terms. The aforementioned analysis was done in the continuous frequency domain. For sampled signals ͑sampling frequency F s ͒ the contribution of N formants to the vocal tract transfer function can be written in the z domain as
where T͑z͒ is normalized so that ͉T͑z =1͉͒ =1. z i = r i e j i with i =2F i / F s . Assuming that the unit circle z = e j lies in the ROC, the Fourier transform of the squared magnitude of Eq. ͑A3͒ becomes
with r i = e −B i /F s and i =2F i / F s . Equation ͑A4͒ specifies the amount by which the spectral magnitude at a particular frequency, , is boosted by the effects of formants located at frequencies i . Therefore, to obtain the source spectral magnitudes, the effects of the formants need to be subtracted from the magnitudes of the speech spectrum. where H͑͒ is the magnitude of the original signal spectrum ͑in dB͒ at frequency , N is the number of formants, and H * ͑͒ is the corrected magnitude ͑i.e., the magnitude of the source spectrum͒ at frequency . Note that for B i = 0 and = i this formula is undefined.
